The sound spectrograph is a wave analyzer which produces a permanent visual record showing the distribution of energy in both frequency and time. This paper describes the operation of this device, and shows the mechanical arrangements and the electrical circuits in a particular model. Some of the problems encountered in this type of analysis are discussed, particularly those arising from the necessity for handling and portraying a wide range of component levels in a complex wave such as speech. Spectrograms are shown for a wide variety of sounds, including voice sounds, animal and bird sounds, music, frequency modulations, and miscellaneous familiar sounds. 
N many fields of research it is necessary to
analyze complex waves. If these waves are steady in time, the analysis presents no particular difficulties. If, however, the wave is complex in its frequency composition and also varies rapidly in time, the problem is very These are solid models built up of oscillograms of about 200 overlapping frequency bands, cut out in profile and stacked side by side. In the upper model only the high peaks in the speech are prominent. In the lower model the level differences among the various regions have been equalized by electrical compression which will be explained subsequently. Of particular interest in these models is the sharpness of the wave front which appears at the beginning of some of the words. It can be seen from these models that in speech the energy-frequency distribution is very complex and changes form rapidly with time.
The production of solid models, while useful for particular purposes, is hardly a practical method for everyday nee(Is. Furthermore, it is difficult to portray the results usefully in a twodimensional picture. If, however, we substitute for the third dimension in these models a system of varying shades of gray or black with the highest amplitudes represented by dark areas and the lowest amplitudes by light areas on a fiat surface, then we have a method which can be rapid and convenient. This is the method of the sound spectrograph. Figure 7 shows in highly schematic oeashion the basic method of the sound spectrograph, as originally proposed by Mr. R. K. Potter. 5 It is necessary, first, to have a means of recording the sound in such a form that it can be reproduced over and over. The means shown here is a magnetic tape, mounted on a rotating disk. In recording, some predistortion of the signal may be desirable and is therefore indicated in connection with the recording amplifier. With speech, for example, it has been found advantageous to raise the amplitude of the higher frequencies by about 6 db per octave in order to equalize the representation of the different energy regions.
Second, a means of analyzing must be provided. Most convenient is the heterodyne type of analyzer employing a fixed band pass filter, with a variable oscillator and modulator system by which any portion of the sound spectrum can be brought within the frequency range of the filter.
Finally, the output of the analyzer must be recorded in synchronism with the reproduced sound. The simplest method is by means of a drum, on the same shaft with the magnetic tape, carrying a recording medium which should be capable of showing gradations of density depending on the intensity of the analyzer outpul•.
Each time the drum revolves, the stylus which marks the paper is moved laterally a small distance, and the oscillator frequency is changed slightly. Thus a picture is built up which has time as one coordinate and frequency as the other, with intensity shown by the density or darkness of the record. It may be necessary or desirable to distort the amplitudes in the analyzer output, depending on the recording medium used and the use to be made of the spectrograms. This function is indicated in the figure by the compression in the last amplifier.
The first spectrograph set up in the laboratory differed in some particulars from the arrangement shown in For the analyzing portion of the system, use was made of another piece of availa. ble equipment, namely an ERPI heterodyne analyzer. No mechanical connection was provided between the analyzer and the magnetic tape or the recording system, so the frequency had to be shifted by hand after each sweep of the recording arm. In the beginning, the output of the analyzer was rectified and a thyratron threshold arrangement was employed ahead of the recorder, so that it printed only when the analyzer output rose above a predetermined level, and there were no gradations in density. When it was found that intensity could be shown by the density or blackness of the record, the threshold was dispensed with; but because of the small range of currents required for printing the full density range of the paper, it was necessary to compress the sig- striations vertically across the pattern. Both of these effects will be illustrated subsequently.
The work with this experimental equipment was carried out before our entry into the war. Because of its military interest it was given official rating as a war project and a self-contained model was developed which is described in the next section.
III.
PRESENT MODEL A photograph of the present model portable sound spectrograph is shown in Fig. 9 with the equipment set up as in operation. The recorder unit is at the right, the amplifier-analyzer is at the left with associated control circuits mounted on a panel attached above it, and the power supply is on the lower shelf of the table. The units are interconnected by means of flexible cords and connectors so they can be transported separately. This spectrograph, although basically the same as the early model described above, differs considerably in mechanical and operational details.
The recorder unit, which serves as the magnetic tape recorder as well as the spectrograph pattern recorder, is built around a modified commercial two-speed turntable of the type used for disk recording. The signals to be analyzed are recorded on a length of vicalloy magnetic tape • inch wide and between 2 and 3 mils thick, mounted against a shoulder in a step turned on the lower edge of the 13" turntable platter. About one-third of the tape projects below the platter rim. Precise machining of the step is necessary to prevent eccentricity or wrinkling of the tape. The ends of the tape are sheared diagonally at about 45% to a length which will provide a 2-or 3-mil butt joint when the tape is mounted. The joint is slanted so that the overhanging sharp pointed edge of the tape trails as the turntable rotates. When the tape is cut and mounted carefully, the joint is hardly noticeable in the patterns. The tape is held to the platter rim by a serving of heavy linen thread wrapped around the upper. two-thirds of the tape and cemented in place by several coats of clear lacquer. The turntable is rim-driven by a synchronous motor through friction drive idlers at 25 r.p.m. for recording and 78 r.p.m. for analysis.
Two sets of magnetic pole pieces, one for recording (or reproducing) and another for erasing, are mounted on the bed of the machine so that the overhanging edge of the tape passes between their faces. The recording pole faces are about 40 mils square and are mounted with a pivot and spring so that their inside edges will just pass in a shearing fashion when the tape is removed. In order to insure good contact with the tape at the shearing edges, the pole faces are initially machined at a slight angle (2 or 3 degrees to the tape) to reduce the time for "running in" to a good fit. Very small misalignments of the pole faces may cause a decided loss of high frequency response. As shown in Fig. 10 , the erasing pole pieces are placed about one inch ahead of the recording pole pieces; their pole faces are slightly wider than the recording pole faces so that erasing will be effective even if there is a small relative misalignment of the two sets of pole pieces. Between the two sets of pole pieces may be seen a spreader with which they may be lifted out of contact with the tape for safety during shipment or handling of the turntable. An oil-saturated wick placed ahead of the pole pieces serves to clean and lubricate the tape as it rotates.
The superstructure mounted above the turntable (Fig. 9 ) serves as the spectrogram pattern recorder. In addition to the conventional cutting head carriage and lead screw, a 4" diameter metal drum, mounted on a shaft parallel to and below the lead screw, is driven through 1' 1 spiral gears from a vertical extension of the turn- A microphone or other signal source is conneeted to the aml)lificr input, an(l the rcco,-(li,•g level, which can be read on the VU meter, is justed by means of the RL potentiometer. Shaping networks are provided in the feedback circuit so that the relative levels of high and low frequencies in the signal may t)e changed if (lesire(l. The low iml)edance outI)ut of the amplifier is connected to the recording coil R through a high resistance R1 which gives essentially con- The paper index magnet is energized in the recording position, and the paper index rotates frictionally with the drum until the index magnet armature engages a pin projecting on the side of the paper index, causing it to remain in a fixed position. When the index magnet is released at the end of a recorded sample, the paper index is free to rotate with the drum again. The paper index then indicates the position on the drum corresponding to the end of the sample recorded on the tape. Since the drum is directly geared to the turntable on which the tape is mounted, the above relationship will remain fixed and the facsimile paper can be placed on the drum so that the end of the paper coincides exactly with the end of the recorded sample. After a desired sample has been recorded, the turntable is stopped and a pre-cut sheet of electrically sensitive paper is secured to the drum bv means of rolling springs.
The turntable is then speeded up to 78 r.p.m. by shifting idler pulleys in the friction drive. It should be pointed out that, although the signal sounds unnatural when speeded up approximately 3 to 1 by this shift, its wave form is unaltered. The effect is merely to divide the reproducing time approximately by 3 and multiply all of the frequency components of the recorded signal by the same factor. This operation converts the original frequency range of approximately 100 to 3500 cycles to about 300 to 10,500 cycles. Since it is very difficult to vary a narrow band-pass filter over this range for analysis, a heterodyning process is used with a fixed band filter. The marking range of the paper is limited to about 12 db. A 70-volt signal on the stylus will make a barely visible mark and about 300 volts will mark the paper full black at the linear paper speed of approximately 16 inches per second. Since for some applications it is desirable to show components of speech which cover a range of 30 or 40 rib, it is necessary to apply a compressing action to the marking amplifier to reduce the signal range to the limited range of the facsimile paper. One kind of compressing action is secured by shunting across a high impedance point a non-linear compressing resistor (thyrite) whose voltage varies as the 3rd or 4th root of the current through it. This form of compression operates directly on the wave shape, and there is no time constant involved. It produces a rather uniform gradation of blackness on the recording paper over a 35 or 40 db range of signal intensity and brings out low level detail in the signal being analyzed. However, the compressing Just below the VU meter is a gear shift lever by means of which the rate of frequency sweep can be changed-so as to make the patterns 4 inches high instead of 2 inches. The two buttons at the bottom permit reading the carrier and marking voltages, respectively, on the meter.
The power supply unit provides filament and plate voltages to the rest of the equipment. It is highly regulated and operates at 280 volts from 110-volt a.c. power. In Fig. 16 it will be noted that there is a distinct pattern of vertical striations in the voiced sounds. This pattern is caused by the fact that more than one harmonic is passed by the analyzing filter. It is well known that two or more frequencies separated by equal intervals will produce beats at the interval frequency. In the case of speech, this frequency of course is the voice pitch. Each vertical striation represents the crest of a beat, and the separation between crests can be seen to vary as the pitch changes. In Fig. 15 , where the pitch is very high, the vertical striations are so close together as to bg barely distinguishable. Incidentally these vertical striations sometimes persist unbroken across the whole frequency range, which is probably due to the particular kind of phase relations resulting from the mechanism of phonation. Sometimes there are phase reversals in the striations, however; this subject would make an interesting study in itself and probably throw light on the voicing mechanism.
The time and frequency dimensions of spectrograms were originally chosen so as to give ade- In this connection it may be mentioned that while the normal aspect ratio appears to be nearly optimum for speech, it is not necessarily so for other applications. sharper time resolution, a higher level of signal can be used and thus a wider range of levels can be explored without fuzziness. The noise components in this sample are therefore definitely not a result of the analyzing process.
Sections (C) and (D) represent the song of the wood thrush. Here again a higher level can be used with the wide filter. This song is remarkable for two reasons. The middle portion contains a rapid succession of two distinct notes repeated with great precision. The fainter trace at the top of this section is a second harmonic which was not necessarily generated by the bird but may have been produced in the recording and reproducing processes. The last section of the song however, shows two distinct notes produced at once, namely an extremely rapid high pitched trill accompanied by a steady note of lower pitch. Since these two notes cannot be multiples or submultiples of each other, they are not harmonically related and must therefore have been produced by the bird with two distinct emitting mechanisms. The rapid trill is almost completely blurred by the narrow filter. Incidentally, these bird songs (and others to be shown later) were taken from phonograph records. They included frequencies above the normal 3500-cycle range of the spectrograph. The phonograph records were therefore played at less than their normal speed so that all frequencies were reduced sufficiently to fall within the range. When this method is used, the actual frequencies can be by the same factor. The effective filter width, however, is also multiplied by the same factor, but the apparent width, that is, the width of the trace in the spectrogram, remains the same. Figure 28 illustrates another application in which the determination of frequency variation rather than analysis was the objective. These spectrograms portray the output of an oscillator whose frequency was governed by a fluctuating d.c. voltage on its grid. The instantaneous frequency can easily be determined at any point with a suitable frequency scale. The fuzziness which is apparent in certain sections results from very rapid amplitude or frequency modulation superposed on the lower frequency modulation. Here the spectrograph takes the place of a string oscillograph, and it avoids the necessity for a d.c. amplifier with sufficiently high output current to drive the low impedance string. In all these spectrograms "harmonics" will be noted which appear to slope in the opposite direction from the real frequency variation. The effect is due to the fact that the filter, with a rather slow response, is scanning across components at such a rate as to generate a kind of interference pattern. Without attempting to go into the matter 'thoroughly here, the effect VI. SOME VARIABLES As already indicated above, the gencral plan of the spectrograph is capable of very wide variations depending upon the application to which it is to be put. For instance, the time scale can be made extremely short for investigating transient phenomena or the like, or it can be made very long for making long spectrograms or for plotting the course of very slowly varying phenomena. The frequency range is also very flexible. Extremely low frequency sounds could be handled by recording very slowly and using a high speed-up ratio. Extremely high frequencies could be handled by recording at high speeds or by the use of modulating processes to bring the high frequencies down to where they could be handled in the normal way. In the present paper all the spectrograms have a linear frequency scale. For some applications, a logarithmic frequency scale would appear to be more logical. In music for instance, the notes are separated by logarithmic intervals. Also, the ear has a natural scale, as shown by differential pitch perception, which is more nearly logarithmic than linear. It might be advantageous to use scales in the spectrograms which approximate those occurring in the ear so that the pictures might be made to look the way they sound. In this connection, the analyzing filters might also be made to simulate more closely the operation of the ear. For instance, a narrow filter might be used in analyzing the low frequencies, with the filter gradually widening towards the high frequencies. The shape of the filter characteristic is also important. In the present spectrograph the narrow filter has extremely steep attenuation characteristics. The wide filter is also very steep with a relatively flat pass band. Different representations can be obtained with filters having different characteristics. Figure 35 illustrates a few experiments along this line. Sections (A) and (B) were made with the wide and narrow filter, respectively. The subject matter consists of a series of sharp clicks and at the right a calibration tone consisting of all the odd harmonics of 60 cycles. Section (C) was made with a filter which is just about as wide as the one used in Section (B). However, the sides do not slope quite so steeply. It will be noted that in Section (B), the clicks are fuzzy on both the leading and trailing edges. In Section (C), the leading edge is much sharper. In Section (D), the filter is actually narrower than (B) and still retains a sharper leading edge than (B). In Section (E), the pass band is about the same as (B) but the sides slope much more gradually. Various types of signal recording mediums might be used. The magnetic tape seemed desirable because it can be used over and over again. Magnetic recording on wire might be used instead of tape with the advantage that the analyzed samples could be stored. Film recording techniques might be used although this seems rather slow and expensive. On the whole some of the newer types of magnetic recording look most promising for. spectrograph applications.
Similarly, various types of facsimile recording mediums can be used. The particular medium used in the present spectrograph is paper with the trade name Teledeltos. This has the advantage of requiring no processing and is permanent.
There are other types' of facsimile papers in commercial use, including some which are saturated with a chemical which changes color when current passes through it. These require much less power to mark them and would be adaptable to higher speeds. For a wide range of density, photographic film appears to be best. It has, of course, the disadvantage of requiring processing and is rather expensive. One very important variable should be noted in conclusion. This is the matter of amplitude representation. In the spectrograms presented above, the time and frequency scales are reproducible and subject to precise measurement. The density or amplitude scale, however, is nonlinear and not reproducible. The total range of photometric density is not very great, and furthermore there are many variables such as ambient temperature and humidity, stylus pressure, stylus width, the condition of the drum surface, and so forth, which affect the density scale. In some applications, it is necessary to know the amplitudes of the components quantitatively.
It might be mentioned that all the variables
Various methods have therefore been devised for representing amplitudes in spectrograms in such a way that they can be interpreted quantitatively. It is planned to cover this subject in a subsequent paper.
